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EFFECTIVE DEPLOYMENT OF 
TEMPORAL NOISE SHAPING (TNS) FILTERS 

FIELD OF THE INVENTION 

This invention relates generally to TNS filter signal processing and, more 
particularly, to the effective deployment of TNS filters, 

BACKGROUND 

Temporal Noise Shaping (TNS) has been successfully applied to audio coding by 
using the duality of linear prediction of time signals. (See , J. Herre and J.D. Johnston, "Enhancing 
the Performance of Perceptual Audio Coding by Using Temporal Noise Shaping (TNS)," in 101st 
AES Convention, Los Angeles, November 1996, a copy of which is incorporated herein by 
reference). As is well known in the art, TNS uses open-loop linear prediction in the frequency 
domain instead of the time domain. This predictive encoding/decoding process over frequency 
effectively adapts the temporal structure of the quantization noise to that of the time signal, thereby 
efficiently using the signal to mask the effects of noise. 

In the MPEG2 Advanced Audio Coder (AAC) standard, TNS is currently 
implemented by defining bne filter for a given frequency band, and then switching to another filter 
for the adjacent frequency band when the signal structure in the adjacent band is different than the 
one in the previous band. This process continues until the need for filters is resolved or, until the 
number of permissible filters is reached. With respect to the latter, the AAC standard limits the 
number of filters used for a block to either one filter for a "short" block or three filters for a "long" 
block. In cases where the need for additional filters remains but the limit of permissible filters has 
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been reached, the frequency spectra not covered by a TNS filter do not receive the beneficial 
masking effects of TNS. 

This current practice is not an effective way of deploying TNS filters for most audio 
signals. For example, it is often true for an audio signal that a main (or stronger) signal is 
superimposed on a background (or weaker) signal which has a different temporal structure. In 
other words, the audio signal includes two sources, each with different temporal structures (and 
hence TNS filters) and power spectra, such that one signal is audible in one set of frequency bands, 
and the other signal is audible in another set of frequency bands. FIG. IC illustrates such a signal 
within a single long block. The signal in FIG. IC is composed of the two signals shown m FIGS. 
lA and IB, each of which have different temporal structures (envelopes). The corresponding 
spectra of these signals are shown in FIGS. ID-IF, respectively. From FIG. IF, it can be seen that 
the signal shown in FIG. lA is audible in the set of frequency bands b2, b4, b6 and b8. In contrast, 
the signal shown in FIG. IB is audible in the bands bl, b3, b5 and hi. In order for the entire 
spectra of the signal to be covered by TNS filters, the current implementation requires eight filters, 
the encoding of which would consume too many bits using the AAC syntax, and thus, is not 
permitted by the AAC standard. To comply with the AAC standard, only three filters, e.g., those 
corresponding to bands bl, b2 and b3 are coded for transmission to the receiver. This results in part 
of the spectrum (e.g., b4 through b8) not being covered by TNS filters, with the adverse effect that 
audible artifacts may appear in the reconstructed signal. 
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SUMMARY OF THE INVENTION 

The above-identified problems are solved and a technical advance is achieved in the 
art by providing a method for effectively deploying TNS filters for use in processing audio signals. 
An exemplary method includes calculating a filter for each of a plurality of fi*equency bands; 
determining a Euclidean distance between coefficients of filters in adjacent fi-equency bands; and 
merging filters with a shortest Euclidean distance between coefficients. 

An alternate method includes calculating a filter for each of a plurality of frequency 
bands; comparing coefficients of filters in adjacent firequency bands to identify a pair of filters with 
a shortest Euclidean distance between coefficients; merging the pair of filters; repeating steps a) 
through c) until a predetermined number of total filters is reached. 

An additional method of deploying a filter includes deterniining a first filter for a 
first frequency range; determining a second filter for a second fi'equency range, the second 
firequency range including the first firequency range; calculating a first Euclidean distance using 
coefficients of the first filter; calculating a second Euclidean distance between coefficients of the 
first filter and coefficients of the second filter; calculating a first prediction gain using the first filter; 
calculating a second prediction gain between the first filter and the second filter; and if the second 
EucUdean distance is greater than the first Euclidean distance and the second prediction gain is less 
than the first prediction gain, then deploying the first filter for the first frequency range. 

Other and fiirther aspects of the present invention will become apparent during the 
course of the following description and by reference to the attached drawings. 
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BRIEF DESCRIPTION OF THE DRAWINGS 

FIGS. lA and IB represent an audio signal and noise, respectively. 
FIG. IC represents a superposition of the signals in FIGS. 1 A and IB, 
FIGS. ID-IF represent the frequency spectra of the signals illustrated in FIGS. 1 A- 
IC, respectively. 

FIG. 2 is an enlargement of FIG. IF. 

FIG. 3 is a flowchart illustrating exemplary method for determining the boimdary 
between frequency bands, and thus, the number of bands and TNS filters required for a block in 
accordance with one aspect of the present iavention. 

FIG. 4A is a flowchart illustrating an exemplary method of bridging TNS filters in 
accordance with one aspect of the present invention. 

FIG. 4B is a flowchart illustrating an exemplary method of refining TNS filter 

bridging. 

FIG. 5 is a flowchart illustrating an exemplary method of generating foreground 
and background TNS filters in accordance with yet another aspect of the present invention, 

FIG. 6 is an enlargement of FIG. IF illustrating the deployment of foreground and 
background TNS filters. 

FIG. 7 is a diagram illustrating the conventional AAC standard syntax for encodiiig 
TNS filter information. 

FIG. 8 is a diagram illustrating a syntax for encoding TNS filter information in 
accordance with one aspect of the present invention. 

FIG. 9 is a diagram illustrating an example of the syntax of FIG. 8. 
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FIG. 10 is a diagram illustrating an alternate syntax for encoding TNS filter 

information in accordance with another aspect of the present invention. 

FIGS. 1 1 and 12 are diagrams illustrating examples of the syntax of FIG. 10. 

DETAILED DESCRIPTION 

Referring now to the drawings, as previously discussed, FIGS. lA-lC illustrate an 
audio signal, a noise signal, and a superposition of these two signals withm a block, respectively. 
The frequency spectra of each signal is illustrated in FIGS. ID-IF. From FIG. IF, it can be seen 
that the signal shown in FIG. 1 A is audible hi the set of frequency bands mcluding b2, b4, b6 and 
b8. In contrast, the signal shown in FIG. IB is audible in bands covering bl, b3, b5 and b7. In 
order for the entire spectra of the block to be covered by TNS filters, the current method of TNS 
filter deployment would require eight filters - one for each of the frequency bands 1 through 8, 
which, as discussed above, is not permitted by the current AAC standard. 

FIG. 2 is essentially FIG. IF enlarged to illustrate how the boundaries of frequency 
bands such as bl through b8 are defined in accordance with one aspect of the present invention. As 
indicated by reference numeral 202, the frequency range of the entire signal block (e.g., 2.2 kHz) is 
divided into approximately fifty bands. These fifty bands may be scale factor bands (SFB) and Avill 
be referred to as such hereinafter. For purposes of illustration, the SFBs are shown as being of 
equal length. In actuality, however, the SFBs will be of unequal length based on the characteristics 
of human hearing (e.g., SFBj may be only 3 bins wide, while SFB50 may be 100 bms wide). It will 
be understood that any prearranged frequency division may be used. The frequency bands bl-b8 
shown in FIG. IF are indicated by reference numeral 204. Each band bl-b8 requires the use of a 
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unique TNS filter for the spectrum coefficients of the signal within the band. It will be understood 
that the number of bands within a block is a function of the signal to be encoded, and thus, is not 
limited to eight bands. The boundary of a band is defined by reference to the signal to be encoded 
and, in particular, to the presence in the signal of a unique time structure between SFBs. For 
example, as shown in FIG. 2, a different time structure can be identified in the signal between SFB 
46 and SFB 45. This estabhshes the lower boundary of a first band bl as SFB 46. Similarly, a 
different time structure can be identified in the signal between SFB 44 and SFB 43. This 
estabhshes SFB 44 as the lower boundary of a second band b2. An exemplary method for 
determining the boundary between bands and thus, the number of bands and TNS filters required 
for a block, will be discussed in detail hereinafter in connection with FIG. 3. 

As illustrated in FIG. 3, in step 300, a counter N is set to the highest SFB number. 
We will assume 50 SFBs are used as illustrated in FIG. 2. In this case, counter N is set to 50. In 
stqp 302, counter j is set to 0. In step 304, a TNS filter is calculated for the spectrum coefficients 
within SFB50. In step 306, a Euclidean distance Da between Filter A's PARCOR coefficients 1 to k 
and a null set of k coefficients is calculated. In step 308, Filter A's prediction gain, Ga, is 
calculated. In step 310, a counter i is set to 1. hi step 312, TNS Filter B is calculated for the 
spectrum coefficients within SFB^, SFBn.i, ... SFB^-b or, in other words, SFB50 and SFB49. In step 
314, the Euclidean distance Db between Filter B's PARCOR coefficients and those of Filter A is 
calculated. In step 316, Filter B's prediction gain, Gb, is calculated. In step 318, a determination is 
made as to whether the EucUdean distance has increased and the prediction gain has decreased (i.e., 
whether Db > Da and Gb < Ga). 

-6- 

509446 1 



PATENT Docket No. 1999-0104 

If there has not been both an increase in Euclidean distance and a decrease in 
prediction gain, this means that a new signal structure has not yet appeared in the newly included 
SFB49, and thus, that the lower boundary of band "bl" has not yet been determined, hi that case, m 
step 330, a determination is made as to whether N-i, or, in other words, whether 50-1 = 49 is the 
lowest SFB number. If, as in our example, it is not, in step 332 counter i is set to i + 1, and in steps 
334 and 336, new Filter A is set to old Filter B and tiie new Euchdean distance Da and new 
prediction gain Ga are set to the old Db and Gb, respectively (i.e., using the spectrum coefficients 
within SFB50, SFB49). At that point, control is returned to step 312, and Filter B is calculated for the 
spectrum coefficients witiiin SFB50, SFB49 and SFB48. In step 314, the Euclidean distance Db 
between Filter B's PARCOR coefficients and the coefficients of new Filter A is calculated. In step 
316, Filter B's prediction gain Gb is calculated, hi step 318, a determination is again made as to 
whether both the Euclidean distance has increased and the prediction gain has decreased. 

If both conditions have not been satisfied, then steps 330 tiirough 336 and steps 312 
through 318 are repeated until either, hi step 318, both conditions are satisfied or, in step 330, the 
lowest SFB is reached. For the exemplary signal of FIG. 2, the process would be repeated until 
Filter B is calculated for the range consisting of SFB45 through SFB50, smce, as is apparent fi-om 
FIG. 2, a new signal structure appears m the newly included SFB45. At that pomt, the conditions in 
step 318 are satisfied. In step 320, counter j is set to j + 1 and, in step 322, Filter A (calculated for 
SFB46.50) is used as Initial Filterj (i.e., Initial Filterj) for the fi-equency range spanning SFB46 through 
SFB50. The TNS filters defined by the method illustrated m FIG. 3 are referred to herein as 
"mitial" TNS filters. If the number of initial filters is less than or equal to the number permitted, 
e.g., by the AAC standard, then these will be the "final" filters used for transmission. Otherwise, 
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additional processing is performed in accordance with one aspect of the present invention to permit 
the entire spectrum of the signal to be covered by TNS. The additional processing will be described 
in detail below in connection with FIGS. 4A, 4B and 5. 

Continuing with FIG. 3, in step 324, counter N is set to N - i. Because i = 5 at this 
point in the processing, N = 45. In step 326, a determination is made as to whether N is the lowest 
SFB number. If N equals the lowest SFB number, then in step 328, the process is terminated since 
all the initial TNS filters have been calculated. 

In our example, since N = 45 is not the lowest SFB, control is returned to step 304, 
where Filter A is calculated for SFB45 , As was performed for SFB50, the EucUdean distance Da 
between Filter A's PARCOR coefficients 1 to k and a null set is calculated. Filter A's prediction 
gain is also calculated. In step 312, Filter B is calculated for the spectrum coefficients within SFB45 
and SFB44. In step 314, the EucUdean distance Db between Filter B's PARCOR coefficients and 
those of Filter A is calculated. In step 316, Filter B's prediction gain is calculated. In step 318, a 
determination is again made as to whether the Euclidean distance has increased and the prediction 
gain has decreased. 

If both the distance has not increased and the prediction gain has not decreased, then 
steps 330 through 336 and 312 through 318 are repeated until either the conditions in step 318 are 
satisfied or in step 330 the lowest SFB is reached. For the signal of FIG. 2, the process would be 
repeated until Filter B is calcidated for the range consisting of SFB43 through SFB45, since, a new 
signal structure develops in the newly included SFB43. At that point, the conditions in step 318 will 
be satisfied. In step 320, counter j is set to j + 1 and, in step 322, Filter A (calculated for SFB44^5) is 
used as Initial Filteij (i.e.. Initial Filterz) for the fi-equency range spaiming SFB44and SFB45. In step 
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324, counter N is set to N - i. Because i = 7 at this point in the processing, N = 43. As will be 
appreciated from the foregoing, the process of identifying boundaries is repeated in the above- 
described manner until all the bands and initial TNS filters are defined for the block (in our 
example, eight Initial Filters corresponding to bands bl-b8). 

With respect to the last initial filter in the signal of FIG. 2 (i.e., band b8), in step 
318, after having determined that the distance and predication gain conditions for Filter A covering 
SFB2.3 and Filter B covering SFB1.3 have not been satisfied, in step 330, a determination is made 
that the lowest SFB has been reached. In other words, that N - i = 1 . At that point N = 3 and i = 2, 
and thus, N - i = L In that case, in step 338, counter j is set to j + 1. At that point j = 7, and thus, 
counter j is set to 8. In step 340, Filter B (calculated for SFB1.3) is used as Initial Filterj (i.e.. Initial 
Filters) for the firequency range spanning SFB^ through SFB3. hi step 328, processing is terminated 
because all the initial filters necessary to cover the entire spectrum have been calculated. 

As indicated above, if the number of initial filters needed to cover the entire 
spectrum is less than or equal to the number permitted by, e.g,, the AAC standard, then the initial 
filters are the final filters. Otiierwise, additional processing in accordance with other aspects of the 
present invention is performed to ensure that the entire spectrum is covered by TNS. One method 
of ensuring complete TNS filter coverage is referred to herein as TNS "filter bridging" and is 
described in detail in connection with FIG. 4A.. Briefly, the method involves calculating the 
PARCOR Euclidean distance between every two adjacent initial filters (i.e., those defined, for 
example, in accordance with the method of FIG. 3), and merging the two with the shortest distance. 
"Merging" involves calculating a new initial filter for the frequency bands covered by the two 
adjacent initial filters. The new initial filter replaces the two adjacent initial filters, and thus, the 
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merging step reduces the total number of initial filters by a single filter. This process is repeated 
until the total number of permissible filters is reached. 

Turning to FIG. 4A, in step 400, N is set to the highest initial filter number, counter 
M is set to N -1, and Dg is set to a large number such as 10^^ Dg denotes the EucKdean distance 
between the PARCOR coefficients of reference filters Ng and Mg. In step 402, a determination is 
made as to whether the Euchdean distance between the coefficients of Filters N and M (denoted 
Dn,m) is less than Dg. For the signal of FIG. 2, this would involve determining the distance between 
the coefficients of filters 8 and 7 for comparison with Dg. If the distance is not less than Dg, then in 
step 404, a determination is made as to whether we have considered the last initial filter pair (i.e., 
whether M =1). If the last initial filter pair has not yet been considered, then, in step 406, N is set 
to N-1 and M is set to M - 1 . In other words, the next adjacent filter pair is selected for comparison 
with Dg. For the signal of FIG. 2, the next adjacent pair would be filters 7 and 6, Steps 402 though 
406 are repeated until a filter pan is selected that meets the condition in step 402. At that point, in 
step 408, N and M are substituted as reference filters Ng and Mg. In addition, Dn^ is substituted for 
Dg as the closest Euclidean distance between filter pairs thus far identified. Steps 402 through 408 
are repeated until, in step 404, the last filter pair has been considered. At that point, in step 410, 
initial filter Ng is merged with initial filter Mg and, the initial filters are renumbered. In step 412, a 
determination is made as to whether the number of initial filters is less than or equal to the 
permitted number of initial filters. If the permitted number of initial filters has been reached, then, 
in step 414, the initial filters become the final filters used for the block. If the allowed number of 
filters has not yet been reached, control is returned to step 400 and tiie process of merging pairs of 
filters with the closest Euclidean distance between their PARCOR coefficients proceeds until the 
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permitted number of filters is reached. As an example, for the signal of FIG. 2, bands bl, b2, and 
b3 may correspond to the first final TNS filter, bands b4 and b5 to the second final filter, and bands 
b6, b7 and b8 to the third final filter. 

After the final filters have been identified, some refinement may be necessary. 
Refinement involves, for each final filter, recalculating the filter for only those firequencies 
corresponding to the strongest signal in the TNS band, and using the recalculated filter for the entire 
extent of the band (thus ignoring any weaker signals within the band). An exemplary procedure for 
accomplishing this is set forth in FIG. 4B. In step 416, counter i is set to L In step 418, a 
determination is made as to whether there is a stronger signal mixed with weaker signals in the 
frequency band covered by Final Filter i. This determination can be made by comparing tiie 
energy/bin in the original bands covered by the final TNS filter (e.g., in FIG. 2, the energy/bin in 
bands bl, b2 and b3 of the first final TNS filter). In an exemplary embodiment, if the energy/bin in 
one of the original bands is 2.5x greater than the energy/bin in each of the other original bands, then 
this constitutes a stronger signal mixed with weaker signals. If it is determined that a stronger 
signal is mixed with weaker signals, in step 420, the Final Filter i is recalculated for the stronger 
signal (i.e., using the band corresponding to the stronger signal, e.g., b2 in FIG. 2). In step 422, 
counter i is set to i + 1, and in step 424, a determination is made as to whether i is the last final 
filter. If "i" is not the last final filter, steps 416 through 424 of FIG. 4B are repeated until the last 
final filter has been considered, in which case, the refining process is terminated in step 426. 

One advantage of filter bridging is that it maintains compliance with the AAC 
standard while ensuring that the entire spectrum of the signal receives TNS. However, filter 
bridging still does not reach the fiill power of TNS. Thus, we have developed an altemate method 
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of ensuring that the entire spectrum is covered by TNS, which, although not AAC comphant, is 
more efficient and more accurately captures the temporal structure of the time signal. The alternate 
method recognizes that very often, the underlying signal at different TNS frequency bands (and 
thus the initial TNS filters for these bands) will be strongly related. The signal at these frequency 
bands is referred to herein as the "foreground signal". Li addition, the foreground signal often will 
be separated by frequency bands at which the underlying signal (and thus the initial filters for these 
bands) will also be related to one another. The signal at these bands is referred to herein as the 
"background signal". Thus, as illustrated in FIG, 6, the signal of FIG. IF can be covered 
effectively by defining only two filters as a fimction of the initial filters namely, Filter A for the 
foreground signal and Filter B for the background signal. Each is specified in frequency so that it 
can be switched as a fimction of frequency, which is necessary for complex real signals in an 
acoustic environment. An exemplary method for deploying TNS filters in accordance with the 
foregoing features of the present invention is described in detail in connection with FIG. 5. For 
purposes of illustration, we describe this aspect of our invention in connection with an underlying 
signal consisting of two audio sources. It will be understood, however, that the present invention 
may be readily extended to cases where the underlying signal comprises more than two audio 
sources (e.g., three or more) each having a different temporal structure that will be captured by a 
different TNS filter. 

Referring to FIG. 5, after the initial filters have been determined (see, e.g., FIG. 3), 
in step 500, foreground filter signals are separated from background filter signals by clustering the 
initial filters into two groups based on the structure of their associated temporal envelopes. This 
can be performed using a well-known clustering algorithm such as the "Pairwise Nearest Neighbor" 
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algorithm, which is described in A. Gersho and R.M. Gray, "Vector Quantization and Signal 
Compression", p. 360-61, Kluwer Academic PubUshers, 1992, a copy of which is incorporated 
herein by reference. Clustering may be of the PARCOR coefficients of the initial filters or of the 
energies in each of the bands covered by the initial filters. Thus, for the signal of FIG. 2, eight TNS 
filters would be clustered into two groups, with each group comprising four TNS filters. From FIG. 
2, it is clear that the filters for bands bl, b3, b5 and hi will be ui a first cluster and the filters for 
bands b2, b4, b6 and b8 will be in a second cluster, hi step 502, the centroid of each cluster is used 
as the final TNS filter for the frequency bands in the cluster (i.e., the centroid of the first cluster is 
used as the final TNS filter for bands bl, b3, b5 and b7 and the centroid of the second cluster is 
used as the final TNS filter for bands b2, b4, b6 and b8). The deployment of two final filters, A and 
B, defined for the signal of FIG. 2, is illustrated in FIG. 6. la step 504, if necessary, each filter can 
be individually redefined at any point in fi-equency to ensure the proper handling of multiple 
auditory objects, constituting multiple temporal envelopes, that are interspersed in time and 
frequency. For example, returning to the signal of FIG. 2, if one of the impulses, such as the one in 
b4, was radically different from the other impulses in bands b2, b6 and b8, then another TNS filter 
could be calculated specifically for the radically different impulse of the foreground signal. 

As mentioned above and for the reasons explained below, the method of filter 
deployment described in connection with FIG. 5 is not AAC comphant. Thus, we have developed 
two new syntax for coding the TNS filter information for transmission to the receiver. The 
conventional AAC syntax is shown in FIG. 7. It lists the TNS filters (from the highest SFB to the 
lowest SFB) of one coding block as a sequence comprising: the number of filters; the lowest SFB 
covered by the first filter; the order of the first filter (i.e., 0-12); the first filter's coefficients; and 
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then the information relating to the second and third filters, if a second and third filter have been 
specified for the block. (As is evident fi*om the foregoing, although the method of FIG, 5 employs 
only two filters, it is not AAC standard compliant because it would effectively require specifying 
eight filters as a result of the switching that occurs between the two filters across the spectrum.) 

FIG. 8 illustrates an exemplary syntax for use v/ith the method of filter deployment 
described in connection with FIG. 5. This syntax is a modification of the existing AAC syntax. It 
involves specifying that the <Order__Filter> field can contain a negative integer when the filter has 
previously been defined. For example, if the order field contains "-1", then the filter is the same as 
the first filter previously defined. If the order field contains "-2", then the filter is the same as the 
second filter previously defined, etc. FIG. 8 illustrates the above-described syntax for packing the 
eight TNS filters for the signal shown in FIG. 6. As shown in FIG, 8, the information regarding 
filters B and A in bands bl and b2, respectively, is transmitted in the manner specified by the AAC 
standard. However, the use of Filter B, the first filter previously defined, in bands b3, b5 and b7 is 
specified simply by transmitting a "-1" in the filter order field. Similarly, the use of Filter A, the 
second filter previously defined, in bands b4, b6 and bS is specified by transmitting a "-2" in the 
filter order field. 

FIG, 9 provides an example of the syntax of FIG, 8 for a signal similar to the one 
shown in FIG 6, except that we now assume that one of the impulses of the signal, such as the one 
in band b4, is radically different fi-om the other impulses in bands b2, b6 and b8. As discussed 
above in connection with FIG. 5, a TNS filter can be calculated specifically for the radically 
different impulse. This is shown in FIG. 9 as "Filter C", 
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FIG. 10 illustrates another exemplary syntax for use with the method of filter 
deployment described in connection with FIG. 5. This syntax is basically a concatenation of the 
AAC syntax with the assistance of a mask of one bit per SFB (or some other pre-defined 
fi-equency division) transmitted to indicate the switching between the two filters (i.e., the 
background aad foreground filters, A and B, respectively). The first bit, <is_TNS>, indicates 
whether or not TNS is active for this block. If TNS is not active, nothing follows. Otherwise, 
field <Filter A> will pack the number of filters, the low SFB number(s), the filter order(s) and 
the filter coefficients for Filter A. Likewise, field <Filter B> will pack the same information for 
Filter B, For each SFB number greater than, or equal to, the higher of the two lowest SFBs in 
fields <Filter A> and <Filter B>, respectively, the field <mask> will use a single bit, either 0 or 
1, to indicate the use of either filter A or B. 

FIG. 1 1 provides an example of the syntax of FIG. 10 for the signal shown in FIG. 
6. As shown in FIG. 11, the field <is.TNS> would contain a "1", which, as discussed above, 
indicates that TNS is active for the firame. The field <Filter A> would contain the following 
information: a "1" to indicate the number of filters (for the signal of FIG. 6, only one filter is 
needed for the foreground signal); "SFBj" to indicate that SFBi is the lowest SFB for Filter A; a 
"12" to indicate that the Order of Filter A is 12; and the coefficients for Filter A. The field <Filter 
B> would contain the following information: a "1" to indicate the number of filters (only one 
filter is needed for the background signal); "SFB4" to indicate that SFB4 is the lowest SFB for 
Filter B; a "10" to indicate that the Order of Filter B is 10; and the coefficients for Filter B. The 
field <Mask> will contain 47 bits (either a 0 or 1), one for each SFB in the range SFB50 through 
SFB4 to indicate the use of either Filter A or Filter B for each of those SFBs. From the 
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information transmitted in fields <Filter A> and <Filter B>, it follows that Filter A is used for the 
range SFB3 through SFBj, and thus, it is unnecessary to transmit a bit for each of those SFBs. 

FIG. 12 provides an example of the syntax of FIG. 10 for a signal similar to the 
one shown in FIG. 6, except that we now assume that one of the impulses of the signal, such as 
the one in band b4, is radically different from the other impulses in bands b2, b6 and b8. FIG. 12 
illustrates, among other things, how the filter information for the foreground signal would be 
packed in field <Filter A> in the case where a separate TNS filter is calculated for the impulse of 
b4. 

As shown in FIG. 12, the field <is.TNS> would contain a "1" to indicate that TNS 
is active for the frame. The field <Filter A> would contain the following information; a "3" to 
indicate that three filters are needed for the foregroimd signal; "SFB44'* to indicate that SFB44 is 
the lowest SFB for the first filter of Filter A (for band b2); a "12" to indicate that the order of the 
first filter is 12; the coefficients of the first filter; "SFB30" to indicate that SFB30 is the lowest 
SFB for the second filter of Filter A (for band b4); a "12" to indicate that the order of the second 
filter is 12; the coefficients of the first filter; "SFBj" to indicate that SFB^ is the lowest SFB for 
the third filter of Filter A (for bands b6 & b8); and a "-1" to indicate that the third filter is 
identical to the first filter. The use of a -1 avoids having to transmit the filter order and the filter 
coefficients for the third filter and thus, conserves bandwidth. The field <Filter B>, as was the 
case for the example of FIG, 11, would contain the following information: a "1" to indicate the 
number of filters (xmlike the foreground signal, only one filter is needed for the background 
signal); "SFB/' to indicate that SFB4 is the lowest SFB for Filter B; a "10" to indicate that the 
Order of Filter B is 10; and the coefficients for Filter B. As was also the case for the example of 
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FIG. 10, the field <Mask> will contain 47 bits, one for each SFB in the range SFB4 through 
SFBso. 

Given the present disclosure, it will be understood by those of ordinary skill in the 
art that the above-described TNS filter deployment techniques of the present invention may be 
readily implemented using one or more processors in communication with a memory device 
having embodied therein stored programs for performing these techniques. 

The many features and advantages of the present invention are apparent from the 
detailed specification, and thus, it is intended by the appended claims to cover all such features and 
advantages of the invention which fall within the true spirit and scope of the invention. 

Furthermore, since numerous modifications and variations will readily occur to 
those skilled in the art, it is not desired that the present invention be limited to the exact 
construction and operation illustrated and described herein, and accordingly, all suitable 
modifications and equivalents which may be resorted to are intended to fall within the scope of the 
claims. 
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